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Abstract 
In digital video broadcasting and return channel via satellite (DVB-RCS) systems, the time slot location assigned to a given 
traffic in multiple frequency-time division multiple access (MF-TDMA) frame has significant effects upon the traffic delay per-
formance. This article proposes models to analyze the relationships among frame length, bandwidth assignment (assigned time 
slot count), time slot location in frame, and traffic delay performance for traffics of constant bit rate (CBR) and variable bit rate 
(VBR). From the proposed models, it is found that the time slot location plays a leading role in affecting the traffic delay per-
formance, which ameliorates more when the time slot location is more uniform in frame. Compared with the traditional mode of 
consecutive time slot allocation, the mode of uniform time slot allocation can effectually reduce the average delay and jitter, 
which will not vary with the frame length. Furthermore, with the mode of uniform time slot allocation increasing bandwidth 
assignment could promote the delay performance more effectually. This article also puts forward a practical time slot uniform 
allocation method (TUAM), which is based on the DVB-RCS standard and compatible with it. The computer simulation, apart 
from testifying to the validity of the model, shows that it leads to efficacious reduction of the mean traffic delay and jitter. By 
adopting the method, the real-time traffic-like voice over IP (VoIP) traffic’s packets will not suffer from dropping due to an 
overlong end-to-end delay, thus improving quality of service (QoS) provision for real-time traffics in DVB-RCS systems. 
Keywords: satellite communication systems; time division multiple access; DVB-RCS; time slot allocation; models; delay 
1. Introduction1 
Developing an interactive satellite multimedia (ISM) 
network, such as digital video broadcasting and return 
channel via satellite (DVB-RCS) systems, has become 
one of hot issues[1-2] in IT communication arena. The 
DVB-RCS system is a geostationary earth orbit (GEO) 
satellite interactive network, which provides multime-
dia containing internet traffic service. However, due to 
long satellite propagation delays in DVB-RCS, how to 
meet the requirements for delay and jittering by vari-
ous traffics, the quality of service (QoS) provision 
inclusive of voice over IP (VoIP) in special, still re-
mains as a thorny problem to be settled[3]. 
However, the factors that affect delay performance 
of traffics in ISM systems including DVB-RCS system 
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are manifold. Researchers have come up with a num-
ber of strategies from various angles of view, such as 
media access control (MAC) protocol[4-6], bandwidth 
assignment[7-11], packet scheduling[12-13], and otherwise. 
They have promoted QoS provision for real-time traf-
fics to quite some degree. In the DVB-RCS standard, 
the multiple frequency-time division multiple access 
(MF-TDMA) technology is applied to the return 
link[1,3], but its influences upon traffic delay perform-
ance has been left ignored by researchers. 
In MF-TDMA communication systems, such as 
DVB-RCS, when a packet arrives at a ground terminal 
called return channel satellite terminal (RCST), it has 
to wait to be transmitted until a time slot begins being 
assigned to the RCST. So the time slot location as-
signed to the RCST determines the transmitting time 
and also the queuing delay of packets. As a result, time 
slot allocation is the decisive factor that affects the 
delay performance in terms of the time slot count and 
the time slot location. 
So far as authors know, the existing time slot alloca-
tion methods are mainly concentrated on assigning the 
time slot count for traffics, which is termed bandwidth 
assignment[7-11], and the effects of time slot location in 1000-9361© 2009 Elsevier Ltd. Open access under CC BY-NC-ND license.
No.2 Qin Yong et al. / Chinese Journal of Aeronautics 22(2009) 174-183 · 175 · 
 
an MF-TDMA frame on the traffic delay performances 
has not yet been fully investigated. In the DVB-RCS 
standard[1] and publications[7-8], the time slots assigned 
to a RCST are simply allocated in a frame in the tradi-
tional consecutive way. This is called time slot con-
secutive allocation mode (TCAM). However, whether 
or not this mode affects the traffic delay performances, 
especially in the case of a long frame, is awaiting in-
vestigation. So are the delay performances of other 
time slot allocation modes.  
This situation persuades us to investigate the effects 
of time slot location in a frame on traffic delay per-
formances and develop a new plain and practical time 
slot allocation method, so-called time slot uniform 
allocation method (TUAM), to reduce traffic delays. 
Compatible with the DVB-RCS standard, TUAM 
could be coupled with other existing bandwidth as-
signment methods[5-6,14-15]. 
2. Relationship Among Time Slot Allocation an
d Delay Character 
This section analyzes the effects of different models 
pertinent to time slot allocation on traffics including 
those of constant bit rate (CBR) and variable bit rate 
(VBR). Fig.1 shows the two typical modes of time slot 
allocation: TCAM and TUAM. 
 
(a) TCAM 
 
(b) TUAM 
Fig.1  Modes of time slot location allocation. 
2.1. CBR traffic 
Assume that the arrival interval of a CBR traffic 
packet is  pktT ; MF-TDMA frame length is sfT ; time 
slot length is  sT , where  s  sf /T T M  and M N .  
For CBR traffic, a coder generates sf  pkt/K T T  
packets in a frame. Let the bandwidth assigned to CBR 
traffic be constant, the count of time slots assigned to a 
CBR traffic in each MF-TDMA frame be K and one 
packet be transmitted in a single time slot. 
For the purpose of simplifying analysis and high-
lighting the effects of time slot location on delay per-
formance, stresses are laid on the delay from packet 
generation to its transmission taking no account of the 
propagation delay between transmitter and receiver. 
Assume that packet arrives at terminal first in first out 
(FIFO) queue from coder without delay; then the delay 
of packet is defined as queuing delay. 
(1) TCAM 
From Fig.2, it can be seen that the average delay of 
packets is related to packet arrival and time slot loca-
tion. 
 
(a) Maximum delay case 
 
(b) Minimum delay case 
Fig.2  Relationship between packet arrival and transmit-
ting time for TCAM. 
Obviously, in Fig.2(a), the maximum packet delay is  
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In Fig.2(b), the minimum packet delay is 
min  sf  pkt  s  sf  pkt
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Note that the packet delay varies continuously from 
maxE  to minE  with the relative location between 
packet arrival and time slot varying continuously from 
Fig.2(a) to Fig.2(b). Thus, the average delay could be 
expressed by 
max min
con  sf  pkt  s
1
2 2 2
E E K KE T T T       (3) 
Note that sf  pkt/K T T , thus 
 sf
con  s
1
2 2
T KE T             (4) 
On the other side, the difference between packet 
maximum delay maxD  and minimum delay minD  re-
flects the magnitude of delay jitter. The larger the 
max minD D , the greater the delay jitter. From Fig.2, it 
is known that max minD D  has nothing to do with the 
relative location between packet arrival and time slot. 
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Thus, 
max min  sf  pkt  s( 1)D D T T K T          (5) 
Therefore, clearly, conE  and max minD D  grow li- 
nearly with the increase in frame length  sfT  and the 
decrease in the time slot length  sT . A similarity exists 
in the variation of conE  and max minD D . 
(2) TUAM 
As shown in Fig.1(b), each CBR packet has the 
same delay, then max min 0D D  . 
Similar to TCAM, the packet delay for TUAM is 
determined by the relative location between packet 
arrival and time slot, then 
max  pkt  sf /E T T K   
min 0E   
Also, the average delay for TUAM is  
uniform max min  sf  pkt( ) / 2 / (2 ) / 2E E E T K T     (6) 
As is known before that in TUAM, average delay 
and delay jitter have nothing to do with frame length, 
delay jitter is zero. 
Fig.3 shows the average delay and delay jetter ver-
sus frame length for the two different time slot alloca-
tion modes. Let CBR traffic be a CBR VoIP traffic and 
 s 0.625 msT  . 
 
Fig.3  Average delay and delay jetter vs frame length. 
For VoIP, G.729 code is adopted, which is recom-
mended by international telecommunication union 
(ITU) as an audio standard. Assume that four voice 
frames are packed into one VoIP packet, where the 
voice frame is 10 ms. Thus, VoIP packet is generated 
per 40 ms[3], namely,  pkt 40 msT  . 
From Fig.3, it is observed that the manners of both 
average delay and delay jitter to vary with frame 
length are alike, but TCAM results in large delay and 
jitter for CBR traffic. Besides, both delay and jitter 
grow with increase in frame length. In contrast, 
TUAM leads to significant reduction of both delay and 
jitter. Thus, with the same bandwidth assignment (time 
slot count per frame), TUAM can effectively promote 
the delay performance of CBR traffics. 
2.2. VBR traffic 
Let the packet arrival be subjected to Poisson arrival 
process with parameter Ȝ Pkt/s (packet/second). The 
other assumptions are the same as in Section 2.1. 
In Fig.4, MF-TDMA is modeled as a stochastic 
serving system. The packets reach terminal queue at an 
arrival rate Ȝ Pkt/s and wait to be served or transmitted. 
Each time slot assigned to terminal corresponds to one 
service by the server; the serving rate is ȝ Pkt/s deter-
mined by bandwidth assignment (time slot count per 
frame) and the interval between assigned time slots is 
equivalent to service time for a client. Assume that 
terminal will not run on upwards of 2 carriers simulta-
neously[7-9]. Even if time slots assigned to a terminal 
are allocated to different carriers, they are also con-
secutive in time. As such, MF-TDMA can be modeled 
as a single server stochastic serving system. 
 
Fig.4  Stochastic serving system model of MF-TMDA. 
On the assumption of identical bandwidth assign-
ments i.e. equal time slot counts per frame, different 
time slot allocation modes will result in different in-
tervals, namely, different service time distributions. 
Obviously, different time slot allocation modes could 
be modeled as a stochastic serving system with differ-
ent service time distributions. 
(1) Time slot arbitrary allocation 
Assume that time slots for RCST i are allocated ran-
domly in a frame meaning that service time is subject 
to generic distribution. Furthermore, assume that an 
arriving packet can be served immediately if the sys-
tem is idle, namely, an empty queue. Thereby, 
MF-TDMA can be modeled as M/G/1/Ğ stochastic 
serving system with generic service time. 
According to classical P-K formula of M/G/1/[16], 
the average queuing time is 
2
b(1 )
2(1 )
x CW U U
               (7) 
where /U O P  denotes the system load, 1/x P  
the average service time, b /C xV  the service time 
variation coefficient in which V  denotes the root- 
mean-square deviation of service time. 
Let assignment bandwidth be N time slots per frame, 
then 
 sf/N TP                (8) 
2 2
 sf
 sf
( / )
2(1/ / )
T NW
T N
V
O
            (9) 
Obviously, for some given frame length and packet 
arrival rate, once the assigned bandwidth is fixed, the 
average queuing time is merely linked to 2V . The time 
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slot location will be more uniform, and the shorter the 
average traffic delay, the smaller the value of 2V . As a 
result, uniform time slot allocation leads to equal ser-
vice time and the root-mean-square deviation, V , 
equals zero. At this time, the average delay is the 
smallest. In contrast, the consecutive time slot alloca-
tion results in the longest service time of V , rendering 
the average delay to be largest. 
With identical service time, MF-TDMA can be 
modeled as M/D/1/ system with determinate-length 
distribution rather than simple M/G/1/ system. If 2V  
becomes zero, the minimum value of W will also reach 
minimum represented by 
2
 sf
min
 sf
( / )
2(1/ / )
T NW
T NO           (10) 
(2) Time slot uniform allocation 
As shown in Fig.1(b), having a constant service time, 
MF-TDMA with uniform time slot allocation is an 
M/D/1/Ğ  stochastic serving system with determi-
nate-length distribution. From Eq.(10), it is clear that 
the queuing delay can be declined to the minimum. 
In actual MF-TDMA systems, even when the system 
is idle meaning an empty queue, the packet arriving at 
an interval between two time slots will not be trans-
mitted immediately, rather, it has to wait to be served 
until the ensuing time slot begins. Therefore, 
MF-TDMA with uniform time slot allocation is actu-
ally tantamount to M/D/1/ stochastic serving system 
with multiple vacations. 
Since service time B and vacation V are of determi-
nate-length distribution, E[B] = 1/ȝ and E[V] = 1/ȝ, 
respectively, could be obtained. When the system be-
comes stable, the average queuing time uniformW  is
[17] 
uniform
 sf
1 1
2( ) 2( / )
W
N TP O O         (11) 
By subtracting Eq.(10) from Eq.(11), the following 
could be obtained, 
 sf
uniform min
1
2 2
TW W
NP           (12) 
Obviously, uniformW  is a bit larger than minW  due to 
the additional delay caused by vacations. 
Assume that the assigned bandwidth is D  ( 1D t ) 
times larger than traffic’s average rate, namely, the 
assigned time slot count per frame is meanN BD , 
where mean  sfB T O . From Eq.(11), the following 
could be obtained, 
uniform
 sf
1 1
2( / ) 2 ( 1)
W
N T O O D        (13) 
Clearly, in the mode of uniform time slot allocation, 
the delay of VBR traffic is only linked to assigned time 
slot count, that is, it decreases with the increase in as-
signed bandwidth but has nothing to do with the frame 
length. Fig.5 shows the relationship between uniformW  
and D  at 50 Pkt/sO  . 
 
Fig.5  uniformW  of VBR traffic. 
(3) Consecutive time slot allocation 
The mode of consecutive time slot allocation is 
similar to the ground traffic where vehicles pass 
through the signal-controlled intersections, where the 
vehicles cross-intersect in an order controlled by traffic 
lights. Each traffic light cycle may be likened to a 
MF-TDMA frame. For a terminal, the green light is 
tantamount to the duration of a consecutive time slot 
assigned to this RCST in an MF-TDMA frame. This 
means that an admission for vehicle passing corre-
sponds to packet transmitting while the red light to the 
duration of time slot waiting assignment to this termi-
nal. This means that vehicle waiting corresponds to 
packet queuing. 
Thus, the classical Webster formula[18] can be used 
to calculate the average queuing delay 
1
2 2 3 2 5 sf  sf
2
(1 ) 0.65
2(1 ) 2 (1 )
T TxW x
x x
EE
E O O
 § ·   ¨ ¸  © ¹  
(14) 
where s  sf/NT TE   is called the split of signal cycle, 
implying the ratio of green light duration to the entire 
cycle period sfT ,  s1 / TP   the packet transmitting 
rate (or vehicle passing rate), and finally, /x O  
 s( ) /TEP O E  is called saturation or availability. 
Similarly, assuming that the assigned bandwidth is 
D  ( 1D t ) times as large the traffic average rate, the 
following could be obtained 
s  sf  s/NT T TE DO           (15) 
 s / 1 /x TO E D            (16) 
Thus, VBR average queuing delay conW  in TCAM 
is 
 s
2
 sf  s
con
 s
1
3 (2 5 ) sf
2
(1 ) 1
2(1 ) 2 ( 1)
0.65 T
T TW
T
T DO
DO
O DO D
DO
 
   
§ ·¨ ¸© ¹    (17) 
Fig.6 shows the relationship between conW  and sfT  
when 2D  , 50 Pkt/sO  ,  s 0.625 msT  . Note that 
conW  almost increases linearly with increase in sfT . 
Furthermore, if  sf 0T o , then con 12 ( 1)W DO Do    
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5 ms . This shows that conW  is determined mainly by 
 sfT . 
 
Fig.6  Relationship between conW  and  sfT . 
Fig.7 shows the relationship between conW  and Į, 
when  sf 320 msT  , 50 Pkt/sO  , and  s 0.625T   
ms . Note that given 1.5D  , con 150.1 msW  , if 
assigned bandwidth increase by 233% (namely 5D  ), 
conW  decreases by 21.6% ( con 117.7 msW  ). Obvi-
ously, in the TCAM, increasing assigned bandwidth 
alone can only lead to quite a limited improvement of 
delay performance. 
 
Fig.7  Relationship between conW  and Į. 
From the modeling analysis of CBR and VBR traf-
fics, it is clear that the time slot location is a critical 
factor that affects delay performance. 
With the same bandwidth assignment (time slot 
count per frame), when the delay and delay jitter of 
traffics is smaller, the more uniform is the time slot 
location in frame. Furthermore, the larger the traffic 
delay of TCAM is, the longer the frame length is. In 
contrast, unrelated to frame length, the delay of 
TUAM is far less than that of TCAM. 
Moreover, the bandwidth assignment for VBR traf-
fic exerts different influences upon different models of 
time slot allocation. For TCAM mode, increasing as-
signed bandwidth alone could hardly result in effective 
improvement of delay performance. However, for 
TUAM, traffic delay decreases significantly with in-
crease in assigned bandwidth. 
Presently, in designing GEO satellite system, to 
promote frame efficiency, facilitate sat-ground syn-
chronizing, and reduce the workload of assigning 
bandwidth, a long MF-TDMA frame is usually chosen. 
For example, Japan WINDS satellite system and 
European SatIP6 satellite system adopted 640 ms[14] 
and 305 ms[15] as their frame length, respectively. 
Therefore, time slot uniform allocation assumes para-
mount importance for GEO satellite system in upgrad-
ing traffic delay performance. This makes it necessary 
to develop TUAM. 
3. TUAM 
This article proposes a practical method, which al-
lows us to allocate time slots uniformly in an MF- 
TDMA frame and is called TUAM. It is based on 
DVB-RCS standard and compatible with it and other 
exiting bandwidth assignment methods. Moreover, it 
does not need any modification to the exiting DVB- 
RCS standard. 
In the DVB-RCS standard[1,3], the radio resource al-
located to the return link is shared by a number of 
group terminals called return channel satellite termi-
nals (RCSTs). RCSTs send capacity request (CR) mes-
sages to the radio resource manager (RRM). Upon 
receiving the CR messages, RRM generates a terminal 
burst time plan (TBTP) table[1] and sends it to RCSTs. 
Upon receiving the TBTP table, each RCST reads the 
table to know what time slots are assigned to it and 
transmits the traffic in the allocated time slots. 
According to the bandwidth assignment procedures 
and TBTP section[1] in DBV-RCS standard, Fig.8 pre-
sents an example of time slot allocation in an MF- 
TDMA frame for R RCSTs[9], where time slots for a 
RCST is consecutively allocated. Obviously, the mode 
of time slot allocation in current DVB-RCS standard is 
counted among TCAM. 
 
Fig.8  An example of time slot allocation according to 
DVB- RCS standard[9]. 
The proposed TUAM method is based on the basic 
bandwidth assignment procedure in DVB-RCS stan-
dard and achieves uniform time slot allocation in a 
frame. The main procedures are as follows. 
(1) RCSTs send their CR messages to RRM.  
(2) Upon receiving the CR messages, RRM calcu-
late the amount of time slots to be assigned to each 
RCST according to certain bandwidth assignment 
method, such as optimal capacity assignment method[8], 
proportional assignment method[10], prediction-based 
capacity assignment method[11], changeable QoS dy-
namic bandwidth allocation method[12], and otherwise. 
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(3) Then, RRM generates a TBTP table and sends it 
to RCSTs. Similar to the one in the standard, TBTP 
includes the basic information of the time slots to be 
assigned to each RCST, such as the Start_slot, As-
signed_count. The information indicates the time slot 
location in an MF-TDMA frame. 
(4) Upon receiving the TBTP table, each RCST 
reads the table to know which time slots are assigned 
to it and transmits the traffic in the allocated time slots. 
(5) RCST records the location of each time slot to 
be assigned to it in an MF-TDMA frame. Then, RCST 
maps the location to the MF-TDMA time slot number-
ing mode and records the Channel_ID and Slot_num 
of each corresponding time slot location. This mode is 
called carrier-based time slot numbering mode (CBNM), 
as shown in Fig.9. The MF-TDMA time slot number-
ing mode shown in Fig.9 is a mapping of mode in 
DVB-RCS, and the DVB-RCS time slot numbering 
mode, called frame-based time slot numbering mode 
(FBNM), is of Frame_num + Slot_num style as shown 
in Fig.10. 
 
Fig.9  Mapping of carrier-based time slot numbering mode 
in RCST. 
 
Fig.10  Frame-based time slot numbering mode in 
DVB- RCS standard. 
(6) The Channel_ID + Slot_num of time slot are 
converted into the form of binary system. Then, RCST 
reverses the bit order of each time slot’s Slot_num, 
whereas keeps the Channel_ID unchanged. For exam-
ple, the location of assigned time slot is the 14th time 
slot at the 7th carrier according to received TBTP table. 
After mapping FBNM mode into CBNM mode, the 
time slot number corresponding to assigned time slot is 
6_13 in decimal system or 110_1101 in binary system. 
Then, after the reverse operation, the Slot_num is 
changed into 1011, whereas the Channel_ID is kept to 
be 110. This means the RCST will transmit data burst 
in the time slot 110_1011, namely, the 12th time slot 
on 7th carrier) in stead of the time slot 110_1101 in an 
MF-TDMA frame. Obviously, the carrier is kept un-
changed to which the time slot belongs. 
(7) RCST reverses all the time slots assigned to it by 
repeating the Steps (5)-(6), which means RCST ob-
taining a new TBTP table. Then, all RCSTs will trans-
mit data bursts at new time slot locations in an MF- 
TDMA frame. 
This way the proposed TUAM method achieves the 
uniform time slot allocation, and the procedures are 
completely compatible with the DVB-RCS standard 
and different bandwidth assignment arithmetic. More 
details of this method are given in Fig.11. 
 
(a) Before reversing (time slot consecutive allocation) 
 
(b) After reversing (time slot uniform allocation) 
Fig.11  Illustrations of TUAM method. 
In Fig.11, assume that an MF-TDMA frame is con-
sisted of 4 channels (carriers) and every channel in-
cludes 8 time slots. In the received TBTP table, the 
time slot location assigned to RCST i is denoted from 
the first to the fourth by 1_0, 1_1, 1_2, and 1_3 in the 
Channel 1 (see Fig. 11(a)). The corresponding binary 
forms are separately defined as 01_000, 01_001, 
01_010, and 01_011. After the reverse operation of 
Step (6), the Slot_num 000, 001, 010, and 011 are 
separately changed into 000, 100, 010, and 110; thus, 
the new time slot locations, through which RCST can 
transmit data, are separately 1_0, 1_4, 1_2, and 1_6 
(see Fig.11(b)). Another RCST j is denoted by 2_4 and 
2_5 according to received TBTP table. After the re-
verse operations, RCST j will use the time slot 2_1 and 
2_5 to transmit data. Thus, the time slots assigned to 
RCST i and j are allocated in an MF-TDMA frame 
uniformly to some degree (see Fig.11(b)). By repeating 
the same operations for RCSTs, the uniform time slot 
allocation is realized. 
4. Performance Evaluation 
Simulations are carried out to compare the per-
formances between the proposed method (TUAM) and 
the traditional method (TCAM)[8]. For DVB-RCS sys-
tem, the effects of both methods are discussed on the 
delay performance of CBR and VBR traffics with dif-
ferent MF-TDMA frame lengths and bandwidth as-
signment. To avoid the effects of bandwidth assigning 
procedure and idiographic algorithms on delay per-
formances, special attention is paid to the relationships 
of delay to the frame length, time slot count, and loca-
tion on the assumption that the count of time slots 
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RRM assigns to RCSTs is constant. 
Comparison between TUAM and TCAM is con-
ducted in terms of the following parameters: 
[ ( )]E E X , the average of each traffic’s mean delay 
( )E X , which reflects average delay performance of 
all traffics. 
[ ( )]D E X , the mean square deviation of each traf-
fic’s mean delay ( )E X , which reflects the discrepancy 
between all traffics. 
[max( )]E X , the average of each traffic’s maximum 
delay max( )X , which reflects the maximum delay 
performance of all traffics. 
[min( )]E X , the average of each traffic’s minimum 
delay min( )X , which reflects the minimum delay per-
formance of all traffics. 
[ ( )]E D X , the average of each traffic’s mean square 
deviation, which reflects the delay jitter of all traffics. 
 dropP , the average packet loss rate of all traffics due 
to overlong end-to-end delay. In ITU standard, the 
end-to-end delay of VoIP should be less than 500 ms. 
In simulations, if a packet delay exceeds 500 ms, the 
packet would drop. 
4.1. CBR traffic 
Table 1 shows the main parameters in simulations. 
For CBR VoIP traffic, the constant count of time slots 
assigned to each RCST per frame is N, which is the 
smallest integer equal to or upwards of  sf  pkt/T T . 
Table 1 Main parameters for CBR traffic in simula-
tion 
Parameter Value 
Sat-ground round-trip delay/ms 250 
Count of VoIP traffic 100 
VoIP standard G.729 
VoIP packet interval/ms 20, 30 
Count of MF-TDMA carrier 3 
Length of MF-TDMA frame/ms 40, 80, 160, 320, 640 
Count of time slot/Frame 64, 128, 256, 512, 1 024 
Length of time slot/ms 0.625 
Count of VoIP packets transmit-
ted per time slot 
1 
 
Tables 2-3 list the simulation results, where 
T[ ( )]E E X  and S[ ( )]E E X  separately denote the 
theoretical and simulating results. It is noted that the 
delay is the end-to-end delay, and it equals to queuing 
delay add round-trip delay. 
Just as Tables 2-3 have shown, the fact that the 
simulation results of S[ ( )]E E X  are quite close to the 
model theoretical results of T[ ( )]E E X  indicates high 
accuracy of the analytic model of MF-TDMA for CBR 
traffic. 
It is obvious that the proposed TUAM has quite 
lower ( )E X  than the traditional TCAM. In TUAM, 
pkt tr[ ( )] / 2E E X T D|  , tr 250 msD   ( trD  is the 
round-trip propagation delay between RCST transmit-
ter and receiver), and [ ( )]E E X  does not grow with 
increase in the frame length. However, in TCAM, 
sf tr[ ( )] / 2E E X T D|   and [ ( )]E E X  grows nearly 
linearly with increase in frame length (see Fig.12). It 
can also be found that [ ( )]D E X  in either TUAM or 
TCAM is small, which means each VoIP traffic has 
very similar mean delays. As a result, the proposed 
method provides evenness among traffics. 
Table 2 VoIP delay performance (  pkt 20 msT  ) 
 sfT /ms Mode Performance
40 80 160 320 640 
T[ ( )]E E X 269.1 288.4 327.2 404.7 559.7
S[ ( )]E E X 271.3 290.1 327.6 402.6 552.6
[ ( )]D E X   5.8   5.8   5.8   5.6   3.5
[max( )]E X 281.0 319.1 395.4 547.9 852.9
[min( )]E X 261.3 255.8 258.1 254.5 252.3
TCAM
[ ( )]E D X   9.7  21.7  44.4  89.3 178.9
T[ ( )]E E X 260.0 260.0 260.0 260.0 260.0
S[ ( )]E E X 261.9 261.9 261.9 261.9 261.9
[ ( )]D E X 0 0 0 0 0 
[max( )]E X 261.9 261.9 261.9 261.9 261.9
[min( )]E X 261.9 261.9 261.9 261.9 261.9
TUAM
[ ( )]E D X 0 0 0 0 0 
Table 3 VoIP delay performance (  pkt 30 msT  ) 
 sfT /ms Mode Performance
40 80 160 320 640 
T[ ( )]E E X 269.3 288.9 328.0 406.4 563.0
S[ ( )]E E X 270.5 290.8 329.3 408.2 564.3
[ ( )]D E X   2.9   2.8   2.8   2.8   2.8
[max( )]E X 285.7 325.2 402.9 560.2 872.9
[min( )]E X 255.9 256.2 255.6 255.6 264.8
TCAM
[ ( )]E D X  11.0 22.5 45.1 90.4 180.9
T[ ( )]E E X 265.0 265.0 265.0 265.0 265.0
S[ ( )]E E X 261.3 269.8 269.8 279.9 279.9
[ ( )]D E X   2.9   3.2   3.2   4.2   4.2
[max( )]E X 266.6 286.6 286.6 308.7 308.7
[min( )]E X 256.3 256.1 256.1 255.9 255.9
TUAM
[ ( )]E D X   5.0   9.8   9.8  13.4 13.4
Also, TUAM is superior to TCAM in the perform-
ance pertinent to delay jitter for its [max( )]E X  and 
[ ( )]E D X  are much lower and its [min( )]E X  is 
quite close to those of TCAM. Furthermore, the 
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above-mentioned parameters are independent of any 
increase of frame length, which evidences very small 
delay jitters TUAM suffers no matter what frame 
length its VoIP traffic has. In contrast, traditional 
TCAM is subjected to more serious delay jitters, 
which grow linearly with increase in frame length (see 
Fig.13). 
 
Fig.12  [ ( )]E E X  of traffics. 
 
Fig.13  [ ( )]E D X  of traffics. 
Fig.14 shows the packet loss rate dropP  versus 
frame length for both methods. Obviously, under oth-
erwise equal conditions, the packets in TUAM rarely 
drop due to overlong end-to-end delay, but in the case 
of TCAM, when frame length exceeds 250 ms, the 
packet loss will take place. 
By comparing Table 2 with Table 3, it is found that 
the packet interval pktT  exerts effects on TUAM to a 
certain degree. The delay performance is perfect when 
pkt 20 msT  , but declines a little when pkt 30 msT  . 
This is attributed to TUAM adopting binary bit re-
versing arithmetic. If the Slot_num of consecutively 
assigned N time slots starts from 0 or 2n  ( 1n t ) and 
2mN   ( 1m t ), after the reversing operation in 
TUAM, the time slot allocation in frame will be per-
fectly uniform. Otherwise, the uniformity will worsen 
to a certain degree. Fig.15 shows an example in which 
the four assigned time slots start from Slot_num 0 on 
Carrier 1, the location is perfectly uniform after re-
versing. On Carrier 2, the three assigned time slots 
start from Slot_num 3, the location uniformity worsens 
a little. 
 
Fig.14  dropP  of CBR VoIP. 
 
(a) Before reversing 
 
(a) After reversing 
Fig.15  Effects of time slot count and starting location 
on TUAM. 
In the simulations, given pkt 20 msT   and the as-
signed time slot count is just 2m  that satisfies the re-
quirement for perfectness, the allocated location is 
perfectly uniform with the perfect delay performance. 
When pkt 30 msT  , which fails to satisfy the re-
quirement for perfectness, the delay performance dete-
riorates a little (see Table 3). However, in this case, 
TUAM has a clear edge over TCAM in the delay per-
formance. 
4.2. VBR traffic 
In simulations, the average packet arrival rate of 
VBR traffic is assumed to be 50 Pkt/sO  . Assume 
that assigned bandwidth is D ( 1D t ) times the traf-
fic’s mean bandwidth meanB , namely, assigned time 
slot count per frame is meanN BD , where meanB   
sfT O . The other parameters are kept the same as in 
Table 1. Table 4 shows the delay performance versus 
band-width assignment, where T ( )E X  and S( )E X  
are theoretical and simulative average delays, and 
S( )D X  the simulative delay jitter. It is noted that the 
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delay is queuing delay. 
Table 4 Delay performance of VBR ( 50 Pkt/sO  ) 
 sfT /ms Mode D  Performance 
80 160 320 640 
T ( )E X      
S ( )E X  1 853 1 881 1 944 2 0831.00 
S( )D X  1 091 1 093 1 096 1 109
T ( )E X  57.5 92.3 164.4 311.7
S( )E X  61.6 93.9 164.3 312.01.25 
S( )D X  41.7 55.5 94.0 180.5
T ( )E X  42.5 77.8 150.1 296.7
S( )E X  44.3 78.8 151.0 301.11.50 
S( )D X  26.9 46.2 89.8 179.0
T ( )E X  38.7 74.1 146.0 291.2
S( )E X  39.5 75.0 148.0 295.51.75 
S( )D X  23.6 44.9 89.4 178.7
T ( )E X  37.1 72.3 143.6 287.0
S( )E X  37.6 73.3 145.5 290.72.00 
S( )D X  22.7 44.6 89.2 178.4
T ( )E X  35.4 69.9 139.4 278.8
S( )E X  35.8 70.9 140.7 280.72.50 
S( )D X  22.3 44.5 88.9 177.6
T ( )E X  34.2 67.8 135.1 270.2
S( )E X  34.5 68.5 136.2 271.4
TCAM 
3.00 
S( )D X  22.2 44.3 88.5 176.7
T ( )E X      
S ( )E X  1 835 1 835 1 835 1 8351.00 
S( )D X  1 092 1 092 1 092 1 092
T ( )E X  40.0 40.0 40.0 40.0 
S ( )E X  41.4 41.4 41.4 41.4 1.25 
S( )D X  37.3 37.3 37.3 37.3 
T ( )E X  20.0 20.0 20.0 20.0 
S ( )E X  20.9 20.9 20.9 20.9 1.50 
S( )D X  17.9 17.9 17.9 17.9 
T ( )E X  13.3 13.3 13.3 13.3 
S ( )E X  14.3 14.3 14.3 14.3 1.75 
S( )D X  11.8 11.8 11.8 11.8 
T ( )E X  10.0 10.0 10.0 10.0 
S ( )E X  10.0 10.0 10.0 10.0 2.00 
S( )D X  8.2 8.2 8.2 8.2 
T ( )E X  6.7 6.7 6.7 6.7 
S ( )E X  7.5 7.5 7.5 7.5 2.50 
S( )D X  5.8 5.8 5.8 5.8 
T ( )E X  5.0 5.0 5.0 5.0 
S ( )E X  5.5 5.5 5.5 5.5 
TUAM 
3.00 
S( )D X  4.0 4.0 4.0 4.0 
Table 4 evidences the high accuracy of MF-TDMA 
modeling for both TUAM and TCAM are very close in 
their theoretical values of model and simulative values. 
Given determinate bandwidth assignments, TCAM 
has larger mean delay and delay jitter than TUAM. 
Also for TCAM, they grow in a nearly linear manner 
with increase in frame length, whereas the delay per-
formance is of no concern to frame length for TUAM. 
The results are the same with CBR traffic. 
For VBR traffic in MF-TDMA system, if the as-
signed bandwidth equals traffic mean bandwidth 
( 1.00D  ), the delay becomes quite large; once the 
assigned bandwidth exceeds meanB  a bit, the delay 
reduces a lot. Thus, the traditional bandwidth assign-
ment that equals meanB  does not fit in with MF-TDMA 
satellite systems. 
In Table 4, for example, given  sf 320 msT  , D   
1.25, then for TCAM, S( ) 164.3 msE X  , S( )D X   
94.0 ms . If the assigned bandwidth increases by 
140% (namely 3.00D  ), S( )E X  will decrease by 
17% (=136.2 ms), but S( )D X  will decrease only by 
6% (=88.5 ms). However, under the same given condi-
tion, for TUAM, S( ) 41.4 msE X  , S( ) 37.3D X   
ms. If the assigned bandwidth increases by 140% 
(namely 3.00D  ), S( )E X  will decreases by 87% 
(=5.5 ms), and S( )D X  89% (= 4.0 ms). Obviously, 
more sensitive to increase in bandwidth than TCAM, 
TUAM exhibits more rapid reduction in average delay 
and delay jitter with increase in bandwidth. In contrast, 
for TCAM, increasing assigned bandwidth alone can 
merely lead to insignificant amelioration in delay per-
formance. 
As shown in Fig.16, the changes of packet loss rate 
of VBR VoIP traffic also indicate that increasing as-
signed bandwidth has little beneficial influences upon 
delay performance. 
 
Fig.16  dropP  of VBR VoIP. 
In conclusion, in MF-TDMA satellite systems, 
compared with TCAM, TUAM proves more effective 
in enhancing delay performance of VBR traffics. 
5. Conclusions 
MF-TMDA has found wide applications in ISM 
network, such as DVB-RCS. This article proposes 
analytical models of average delay performance for 
CBR and VBR traffics and shows the relationships 
among the frame length, bandwidth assignment (as-
No.2 Qin Yong et al. / Chinese Journal of Aeronautics 22(2009) 174-183 · 183 · 
 
signed time slot count), time slot location in frames, 
and traffic’s delay performance. Also, the effectiveness 
of proposed models has been verified through com-
puter simulations. 
With the introduced models, it is demonstrated theo- 
retically that traffic delay performance is not only 
linked to traditional bandwidth assignment (time slot 
count assignment) but also closely linked to time slot 
location in frame and frame length. Given a fixed 
bandwidth assignment, the more uniform the time slot 
location is in frame, the smaller the delay and delay 
jitter are. Moreover, for the mode of time slot uniform 
allocation, both average delay and delay jitter are of no 
concern to frame length. In contrast, for the mode of 
time slot consecutive allocation, not only great in mag-
nitude, both average delay and delay jitter grow rap-
idly with increase in frame length. 
Next, it is also understood that for the traditional 
mode of time slot consecutive allocation, increasing 
assigned bandwidth alone could produce a rather lim-
ited enhancement in delay performance. In contrast, 
apart from being able to efficiently reduce the average 
delay and jitter, the mode of time slot uniform alloca-
tion could promote delay performance essentially 
through increasing bandwidth. As a result, uniform 
time slot allocation in MF-TDMA is an effectual 
method to promote real-time traffic’s delay perform-
ance in satellite systems. 
Furthermore, this article has proposed a practical 
uniform TUAM based on the DVB-RCS standard. It is 
completely compatible at once with the DVB-RCS 
standard and various bandwidth assignment algorithms 
and also can be easily realized on RCSTs. The com-
puter simulations have attested to the capability of 
TUAM in effectively reducing the traffic delay and 
jitter and promoting QoS provision for real-time traf-
fics in DVB-RCS satellite systems. 
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